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Abstract—Burst ratio is a parameter that quantifies packet
loss patterns in transmission networks. It has been defined
for an end-to-end scenario, therefore burst ratio can be de-
termined only if the characteristics of the whole transmis-
sion path are known. In this paper, the burst ratio param-
eter applicability to cases when the transmission path con-
sists of a series of transmission channels with known packet
loss rate and burst ratio values is extended. The paper also
presents the results of simulations performed with NS2 soft-
ware, demonstrating the validity of the burst ratio analysis.
Consequently, the research makes it possible to determine the
value of the burst ratio parameter in concatenated packet
networks, which in turn supports delivering higher quality
VoIP services.
Keywords—bursty packet loss, E-model, quality of experience,
voice over IP.
1. Introduction
Voice over Internet Protocol (VoIP) applications play
a crucial role in connecting people and businesses around
the world. It is a huge business for hardware manufac-
turers, network operators and service providers. In or-
der to assure end customer satisfaction, the transmission
networks must be designed well, and the quality of the
provided VoIP service must be constantly monitored and
maintained. In order to achieve this, all factors that affect
the application quality of experience (QoE) [1] must be
recognized.
The quality of VoIP carried over packet networks is in-
fluenced by multiple factors [2]. They include user-de-
pendent aspects (e.g. user expectations), terminal quality
(e.g. microphone sensitivity) and application settings (e.g.
audio codec). The quality is also affected by transmis-
sion network-dependent factors, which include throughput,
round-trip time and packet loss. To some extent, they can
be controlled by network design and maintenance.
One of the transmission network-dependent factors that in-
fluences the perceived quality of VoIP transmissions is the
burst ratio parameter [3]. It quantifies the packet loss pat-
tern by describing the extent to which the packets were
lost in bursts. The burstiness of packet loss affects the per-
ceived media quality. If the number of audio packets lost
sequentially is low enough not to be noticed by the human
cognitive system, or it can be concealed by the packet loss
concealment (PLC) technique [4], then the event has no im-
pact on the perceived quality. In contrast, long sequences
of lost packets can be easily perceived as an annoying qual-
ity deterioration. Therefore, the burstiness (burst ratio) of
packet loss can be correlated with the perceived quality of
VoIP service [5].
In order to provide a VoIP service of the best possible
quality, the burst ratio parameter needs to be well recog-
nized and analyzed. Thus far, it has only been defined for
end-to-end transmission scenarios. In this case, in order to
calculate the burst ratio of a transmission, the characteris-
tics of the complete, end-to-end transmission path must be
measured. This article describes the research into defining
the end-to-end value of the burst ratio parameter, when the
transmission is carried over multiple concatenated transmis-
sion channels and only the characteristics of each individual
intermediate channels are determined.
Although extensive research on the influence of bursty
packet loss on the QoE of VoIP has been carried out [6], [7],
the authors are the first to analyze burst ratio in concate-
nated channels. In work [8], the results of theoretical stud-
ies are presented in which the formula for burst ratio in the
concatenated scenario is derived. This article presents re-
sults of NS2 simulations [9] performed in order to validate
the equations in a real environment. The results demon-
strate the validity of the aforementioned theoretical consid-
erations.
The results help control the burst ratio parameter by de-
scribing the impact of individual transmission channels on
the burst ratio of the complete transmission path. The re-
sults will improve the quality and reliability of VoIP appli-
cations, thus improving end user satisfaction.
The remainder of this paper is structured as follows. In Sec-
tion 2 the burst ratio parameter is presented and described
in detail. In Section 3 we describe the methodology and
features of the simulations that were carried out to validate
the theoretical studies. Section 4 presents the results of the
validation of the equation for Burst Ratio in concatenated
channels. In Section 5 the verification of the simplified
form of the equation is presented. Potential applications of
the results are presented in Section 6. Finally, the conclu-
sions are given in Section 7.
2. Burst Ratio Overview
This section presents the definition and application of burst
ratio. It also contains results of our previous studies in the
field of extending the burst ratio parameter applicability to
multi-channel scenarios.
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In order to describe packet loss of a communication chan-
nel, the packet loss rate Ppl is used. It indicates the proba-
bility of losing a packet during transmission over the chan-
nel. However, it is not a complete channel description as
it does not capture packet loss patterns. Under the same
packet loss rate, the loss can be evenly distributed over
the whole transmission, or take place in bursts if multiple
consecutive packets are lost.
The parameter that describes the packet loss pattern is burst
ratio (denoted as BurstR). It is defined in [3] as the aver-
age length of observed bursts in a packet arrival sequence
(average burst length) normalized over the length of burst
expected for purely random loss (µ):
BurstR =
Average measured burst length
µ . (1)
Burst ratio describes the packet loss pattern by expressing
how much longer or shorter the measured bursts were than
in the hypothetical case when all the packets were lost ran-
domly under the same packet loss rate. Therefore, the burst
ratio quantifies the observed packet loss as:
• bursty if BurstR > 1,
• random if BurstR = 1,
• scattered if BurstR < 1.
The length of packet loss burst expected for purely random
loss (µ) is given as [10]:
µ = 1
1−Ppl , (2)
where Ppl stands for the probability of packet loss. The for-
mula shows that even for purely random loss the observed
burst length increases with higher packet loss, in the mul-
tiplicative inverse way. This is why the BurstR value can
differ dramatically for the same observed packet loss burst
length, depending on the packet loss rate µ .
Generally speaking, for the same packet loss rate, higher
values of burst ratio indicate that the packets are being lost
in series. Conversely, lower values of the parameter mean
that the packet loss was distributed more evenly over the
transmission.
It is common to model packet loss in digital transmis-
sion channels with time-discrete state models, Markov
chains [11], [12]. The approaches include two-state Markov
chain, Gilbert or Gilbert-Elliot models. When examining
the lossy transmission, authors are focusing on two-state
Markov chain due to its simplicity and flexibility. In two-
state Markov chain the successful transmission of a packet
over a channel and losing a packet are marked with two
different transmission channel states (Markov chain states).
An example of the chain is shown in Fig. 1. In this case,
if the channel successfully transmits a packet, it is in the F
(found) state. If the packet is lost, the channel is in the L
(lost) state. At any given time, the channel can only be in
one of these two states.
1-p
F
q
p
L
1-q
Fig. 1. In two-state Markov loss model F and L represent the
found and lost states of a channel, while p and q describe the
probabilities of switching the F and L states.
The two-state Markov chain is described with two param-
eters: p and q probabilities. The probability of losing
a packet if the previous packet was successfully transmitted
(transition from F to L) is described by p. Similarly, q de-
fines the probability of successfully transmitting a packet if
the previous one was lost (transition from L to F). Conse-
quently, probability 1−p describes the probability of losing
packets in series.
In two-state Markov chains a packet may be lost if the previ-
ous packet was successfully transmitted (with probability p)
or if the previous packet was lost (with probability 1−q).
Therefore, for two-state Markov chains the probability of
losing a packet is determined as:
Ppl = p
p+q
. (3)
For random loss, q = 1−p, the probability of losing a packet
is equal to p:
Ppl = p . (4)
A transmission channel modeled with the two-state Markov
chain exhibits the burst ratio following the formula [13]:
BurstR =
1
p+q
. (5)
Burst ratio is used in E-model [13], a commonly used an-
alytical method of voice quality assessment. E-model uses
numerous transmission parameters in order to calculate the
transmission ratio factor R, which can then be used to ob-
tain an estimated mean opinion score for the conversational
scenario.
Figure 2 presents how the estimated mean opinion score
value changes when the burst ratio parameter value varies
between 1 and 4. The figure was created with an as-
sumption that the G.711 codec without packet loss conceal-
ment (PLC) was used, a 1% packet loss rate was observed
and other E-model parameters were used at their default
values [14].
Figure 2 shows that there is a clear correlation between
the application quality and the burst ratio value. Therefore,
in order to calculate estimated mean opinion scores using
the E-model, the burst ratio parameter must be accurately
determined.
Originally, burst ratio was defined only for scenarios
where the transmission is monitored and analyzed end-to-
end. In [8] authors studied the burst ratio in a situation
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Fig. 2. Based on the E-model relationship between the estimated
mean opinion score (MOS) and burst ratio parameter (BurstR) for
1% packet loss and the G.711 codec without PLC.
where the transmission path consists of a series of chan-
nels, and each is monitored separately. In this case, the
burst ratio of the complete path must be calculated using
the measured characteristics of separate channels, as pre-
sented in Fig. 3.
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Fig. 3. The problem of burst ratio in concatenated channels
network.
It was shown in [8] that if each channel can be mod-
eled with a two-state Markov chain, the burst ratio of the
complete transmission path consisting of N channels is de-
scribed by the formula:
BurstRΣ =
1−
N
∏
n=1
(1−Ppln)
1−
N
∏
n=1
(
1− PplnBurstRn
) , (6)
where Ppln and BurstRn are the parameters of the n-th
channel.
The exact value of the burst ratio can be determined with
the regular burst ratio equation. However, for channels
characterized by low packet loss the following formula can
be assumed:
N
∏
n=1
Ppln = 0 . (7)
In this case the packet loss of multiple concatenated chan-
nels is as follows:
Ppl∑ =
N
∑
n=1
Ppln . (8)
Based on this assumption, the burst ratio value of concate-
nated channels can be presented with the following, simpler
equation.
BurstR′Σ =
N
∑
n=1
Ppln
N
∑
n=1
Ppln
BurstRn
(9)
Analysis performed in [8] shows that this simplification is
a reliable approximation of Eq. (6). The error introduced
by the simplification depends on the characteristics of each
channel and increases with increasing packet loss rate and
burst ratio values.
As the assumption of modeling the channels with two-
state Markov chains is a simplification, the authors verified
the formula in a simulated network using Network Sim-
ulator 2 (NS2). The results of this verification are shown
below.
3. Simulation Environment
In this section the methodology used to verify the accuracy
of Eqs. (6) and (9) is described. The verification has been
performed by running extensive simulations in NS2 [9].
The fundamental part of the simulation environment was
designed during a seminar in Telekom Innovation Labora-
tories [15], which is a recognized research and develop-
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Fig. 4. The generic topology used in the simulations.
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Table 1
Simulations parameters
Object Parameter Value Comment
Transport protocol UDP
Traffic generator CBR
VoIP traffic Packet size 50–1500 bytes
Value selected randomly
Inter-packet interval 0.002–0.06 s
(uniform distribution)
Start time delay 0.5–1 s
Backgroud traffic
Number of streams transported
1–10 Value selected randomly
by a single switch
(uniform distribution)
Transport protocol of a stream TCP, UDP
TCP packet size 1000 bytes
TCP window size 2–20
TCP congestion control algorithm Tahoe
TCP application FTP
UDP traffic generator Pareto
UDP Pareto shape parameter 1.4
UDP Pareto burst time 50–5000 ms
Value selected randomly
UDP Pareto idle time 30000–375000 ms
(uniform distribution)
UDP Pareto sending rate in burst 400–700 kb/s
UDP Pareto packet size 50–1500 bytes
Start time delay for each stream 0.5–1 s
Switches
Number of intermediate switches 2–10
Each simulation repeated
for every value
Queuing scheme of each switch DropTail, RED, FQ, SFQ Value selected randomly
Buffer size of each switch 2–20 packets (uniform distribution)
Links
Capacity 500–1000 kb/s Value selected randomly
Propagation delay 0–200 ms (uniform distribution)
Simulation Duration 10, 100, 1000 s
Each simulation repeated
for every value
ment institute in the field of quality of audio and multime-
dia applications.
NS2 is a commonly used [16] simulation environment for
testing and studying communication protocols and net-
works. It can be used to simulate TCP/IP protocol stacks,
traffic sources of various distributions and packet queuing
and dropping mechanisms.
The release NS2 2.35 was used in this research in order
to simulate packet transmission over a series of switches
and to analyze packet loss. Each switch serves a number
of packet streams and drops packets in case of a buffer
overflow. After each simulation the burst ratio calculated at
the end of the transmission path using Eq. (1) is compared
with the burst ratio value calculated from the transmission
parameters of each intermediate switch using Eq. (6). The
calculations are performed by analyzing the NAM trace
files generated by each NS2 simulation.
The topology used in the simulations is a path presented
in Fig. 4. It contains two endpoints (A and B) responsi-
ble for a VoIP transmission, n pairs of background traf-
fic servers (X1, Y1, . . . , Xn, Yn) and n pairs of switches
(S1−A, S1−B, . . . , Sn−A, Sn−B). VoIP traffic, marked with
black arrows, is sent from server A to server B. n back-
ground traffic streams, marked with white arrows, are sent
between servers X1 and Y1, . . . , Xn and Yn. VoIP traffic and
background traffic compete for resources of shared links,
which are built up by pairs of switches S1−A←→ S1−B, . . . ,
Sn−A←→ Sn−B. Consequently, at switches S1−A, . . . , Sn−A
the VoIP packets and the background transmission compete
for access to the shared links. If not enough bandwidth is
available to serve both streams, the switches drop pack-
ets. Therefore, in the simulation the transmission path of
the VoIP application consists of a series of links. How-
ever, packets may be dropped at shared links only. Other
links do not drops packets because they always have enough
bandwidth due to transmitting either VoIP or background
traffic only. At the end of the simulation, the packet loss
analysis of each switch which drops packets is performed.
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During the analysis the VoIP application packet loss rate
and the burst ratio value are calculated. Using these val-
ues and Eq. (6), the burst ratio of the whole transmission
(from node A to B) is calculated. The calculated value is
compared with the value calculated at node B based on the
analysis of VoIP stream packets that were not successfully
delivered, Eq. (1). The result of the comparison quantifies
the accuracy of Eq. (6).
It should be noted that in the simulations the packet loss
takes place in shared links only. Therefore, in the remaining
sections the terms “channel” and “shared link” are used
interchangeably.
The results of the simulations may depend on the topology
as well as transmission and network parameters. The com-
plete list of parameters identified and analyzed during the
simulations is presented in Table 1. The parameters were
randomly altered within a range of values during each sim-
ulation in order to reduce the influence of a specific param-
eter value on the results. The parameter values and ranges
of values were adjusted so the results of the simulations
were relevant for the study of burst ratio parameter.
In order to obtain meaningful results it was important that
the VoIP traffic was constantly generating packets. There-
fore VoIP traffic utilized the user datagram protocol (UDP)
with a constant bit rate. Additionally, the randomization of
the background traffic was of crucial importance in order to
assure a full spectrum of simulation conditions. Therefore,
the background traffic used UDP (with the Pareto distribu-
tion) and TCP protocols, both selected randomly for each
simulation. Moreover, the start time and the total num-
ber of transmitted packets within each transmission were
also randomized. As a result the VoIP traffic faced differ-
ent conditions in each simulation run. The wide spectrum
of conditions meant the VoIP traffic was characterized by
a wide range of parameters values BurstR and packet loss
rate Ppl.
This paper presents the results of a total 250,000 simula-
tions, each representing different network conditions. They
were carried out in order to demonstrate the validity of the
equations. As a result, the validation contains relevant and
fully conclusive results.
4. Accuracy of Burst Ratio
Calculation
In this section the simulation results run in order to vali-
date Eq. (6) are presented. The equation was numerically
verified by the authors in [8], where a transmission channel
was modeled by a two-state Markov channel. This section
contains simulations results, where the transmission envi-
ronment was modeled with real networks characteristics,
simulated using NS2.
The verification has been performed by comparing two
burst ratio values:
• the BurstR value measured at the end of the trans-
mission path using Eq. (1),
• the value calculated using Eq. (6), which incorporates
the characteristics of each intermediate transmission
channel, denoted below as BurstRΣ.
The comparison is presented as relative error δΣ, defined
as follows:
δΣ =
BurstRΣ−BurstR
BurstR
. (10)
If δΣ is equal to 0, Eq. (6) is perfectly accurate. A pos-
itive value of δΣ means that the experienced packet loss
is less bursty than that estimated using Eq. (6). A nega-
tive value of δΣ means that the burst ratio value calculated
with Eq. (6) underestimated the burstiness of the analyzed
traffic.
The number of shared links may have an impact on the
final results, because the VoIP traffic needs to compete for
resources in each link. The more shared links, the more
VoIP packets may be lost. In order to study this impact,
each simulation was rerun with two, six and ten shared
links.
The results published in this section present the relation-
ship between relative error δΣ (in %) and packet loss Ppl,
number of transmitted packets or BurstR of the complete
transmission. The error is analyzed in the form of a mean
and its confidence intervals. The mean value of the rela-
tive error is shown using black lines. The 95% confidence
intervals of the mean are marked with gray areas.
Figure 5 presents the relationship between the relative er-
ror δΣ of the burst ratio calculation using Eq. (6) and packet
2
2
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1
0
0
0
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-1
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-2
-2
-2
Ppl [%]
[%
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Fig. 5. Relationship between the burst ratio calculation error δΣ
and the packet loss rate Ppl of the whole transmission. The
solid line represents mean relative error while the gray areas
present the 95% confidence intervals of the mean. The figures
were created with a packet loss range of 0–10%. The subplots
presents results for simulations of two, six and ten intermediate
channels.
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loss Ppl of the whole transmission. It can be observed that
for values of packet loss lower than 1%, the relative error is
negligible, regardless of how many intermediate channels
the transmission contains. As the packet loss increases, the
mean error and its confidence interval increase slightly as
well. The observed increase is dependent on the number of
intermediate channels. The higher the number of channels,
the higher the error for the same value of packet loss. How-
ever, the relative error never reaches 2%, which indicates
a high accuracy of the equation.
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Fig. 6. Relationship between the burst ratio calculation error δΣ
and the number of transmitted packets. The solid lines represent
mean relative error while the gray areas present the 95% con-
fidence intervals of the mean. The subplots presents results for
simulations of two, six and ten intermediate channels.
Figure 6 presents the relationship between the burst ratio
calculation error δΣ and the number of transmitted packets
during measurement. The figure shows that the mean error
initially slightly increases for the shorter observations and
then stabilizes at a level of 2% for two intermediate chan-
nels or 5% for ten channels. Figure 6 presents results for up
to 500,000 transmitted packets, which corresponds to ap-
proximately 2 hours 45 minutes observation of a transmis-
sion. Such a long observation is unrealistic and its results
are presented only for reference. More reasonable dura-
tion of observation is up to 5 minutes, which corresponds
to 0–15,000 of transmitted packets. In this range the error
never exceeds 4%, regardless of the number of intermediate
channels.
Figure 7 presents the relationship of the relative error δΣ of
the burst ratio calculation using Eq. (6) and burst ratio value
BurstR of the complete transmission. It can be seen that
regardless how many intermediate channels are used the rel-
ative error is low around BurstR = 1. For two channels, the
error value is negligible, regardless of the burst ratio value.
In the case of several intermediate channels, as the burst
ratio increases, the error decreases and for BurstR > 1.5 the
error becomes negative. In the worst case, for the scenario
of ten intermediate channels the error reaches −9%. It can
be seen that for fewer channels, BurstR of the complete
path reaches higher values. For ten intermediate channels
the highest value of BurstR slightly exceeds 2.5, while for
two channels it is over 3.5. This effect can be explained by
analyzing Eq. (9). The formula shows that BurstR value of
the complete path is approximately equal to the weighted
harmonic mean of all intermediate channels’ BurstR values.
As the result, the more channels are involved in the trans-
mission, the lower probability that end-to-end burst ratio
reaches high values.
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Fig. 7. Dependency of the burst ratio calculation error δΣ on
the BurstR value of the complete transmission. The solid lines
represent mean relative error while the gray areas present the 95%
confidence intervals of the mean. The subplots presents results
for simulations of two, six and ten intermediate channels.
All these results show that when Eq. (6) is used it provides
reliable results and a high precision of the measurement.
The accuracy of the calculation is always very high, but the
most precise results are achieved in the two-channel sce-
nario, when packet loss of the complete transmission path
is limited or the burst ratio of the complete transmission
path is not higher than BurstR = 1.5.
5. Accuracy of the Simplified Equation
As well as the regular burst ratio equation, validated above,
we also show a simplified version of the equation, Eq. (9).
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This simplification reveals that the burst ratio of the whole
transmission path can be approximated with a weighted
harmonic mean of properties of individual channels. This
equation was verified numerically in [8]. The results indi-
cate that the simplified equation’s inaccuracy increases with
higher values of packet loss and burst ratio of the whole
transmission. However, the verification was performed with
the assumption that the transmission channels can be mod-
eled with two-state Markov chains, which is a form of sim-
plification. This section presents the results of equation
validation performed in an environment that simulates real
characteristics of transmission channels.
The verification of the simplified burst ratio equation –
Eq. (9) is performed by calculating the simplification error
∆BurstR. It expresses the difference between the error of
the simplified equation and the error of the regular burst
ratio equation – Eq. (6). The values that are compared are
mean relative error (in %) and the 95% confidence interval
of the mean. Both were introduced in Section 4. The
comparison of mean error is performed by calculating the
difference between absolute values of mean error δ ′Σ of the
simplified burst ratio equation (Eq. 9) and mean error of
the regular burst ratio equation δΣ, as described in Eq. 10.
The comparison is presented below:
∆BurstR =
∣∣δ ′Σ
∣∣−|δΣ| . (11)
If the calculated difference of the mean error is equal to
0, both Eq. (6) and Eq. (9) are equally accurate. When
0.5
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Fig. 8. Difference ∆BurstR between the calculation errors of the
regular equation δΣ and the simplified equation δ ′Σ in the domain
of packet loss Ppl of the whole transmission. The solid lines
represent the difference between mean relative errors while the
gray areas represent the difference between the 95% confidence
intervals. The subplots presents results for simulations of two, six
and ten intermediate channels.
∆BurstR is positive, Eq. (6) is more accurate, while if ∆BurstR
is negative, the simplified equation is more accurate.
The comparison of the 95% confidence intervals of the
mean is performed in a similar way, by subtracting the
value of the confidence interval for the regular equation
from the value of the confidence interval for the simplified
equation.
The figures published in this section present the calculated
differences of mean error using black lines. The gray areas
in the figures correspond to the confidence interval differ-
ences of the means.
Figure 8 presents the differences of mean errors and con-
fidence intervals in the domain of packet loss in the range
of 0–10%. It can be seen that regardless how many inter-
mediate channels are used, the difference is negligible in
that it never exceeds 0.5%. However, it should be noted
that there is almost no difference in the confidence interval
width (marked with gray fields).
The results clearly show the validity of the simplified equa-
tion. The difference in performance, compared with the
regular equation, is almost indistinguishable. However, the
regular equation almost always performs slightly better than
the simplified formula. Therefore, when the highest accu-
racy of the measurements is required, the regular equation
is used. However, when the top priority is ease of calcula-
tion, the simplified equation is applied.
6. Applications
As mentioned above, burst ratio is one of the parameters
used in the ITU-T E-model, which is used to assess the
quality of VoIP. Therefore, the formula presented has a wide
spectrum of potential applications, mainly facilitating the
VoIP MOS level assessment.
The formulas can be used during network planning. When
a network is being designed, a set of technical requirements
is specified for the network. They include packet loss,
round trip time and mean opinion score (MOS) of VoIP
transmission. When network topology is defined, the char-
acteristics of all the network elements are assumed. Even
if the topology is complex and the network contains hun-
dreds of elements, the VoIP transmission MOS assessment
between any endpoints may be required. Without proper
calculation of the burst ratio value between the endpoints,
a precise assessment of application quality is not possible.
Using the formulas presented and the E-model, MOS can be
easily and precisely assessed between any endpoints of the
designed network. Therefore, during the network design
phase, corrections may be applied to the network topology
to help provide the best quality of the VoIP service.
Another application of the formula is when a network is al-
ready operating and a re-design of the topology or routing
is required. In this case the formula may help assess the
impact of the changes on the quality of the VoIP transmis-
sion. A good example would be a network that contains
multiple elements which introduce packet loss. If only one
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of them could be upgraded, it would be important to se-
lect the optimal element to upgrade. By using the formula,
the network administrator can easily assess how end-to-end
VoIP quality would be affected, depending on which ele-
ments are upgraded.
The formulas can also be successfully used during monitor-
ing of networks. The measurements, as described in [17],
need specially configured environments. Therefore they
can only be performed within a single network, owned by
a single company. If a VoIP transmission path is established
via several different networks, which are administered by
different companies, the complete path monitoring is not
possible. In this case, the formulas can be used in order
to calculate the VoIP transmission MOS using monitoring
logs of the individual networks.
7. Conclusions
The results clearly show that the equations presented can
be successfully used to calculate the burst ratio parameter,
when the complete transmission path consists of multiple
concatenated channels. Although the equation has been de-
rived theoretically using two-state Markov models, in real-
life scenarios, simulated here using NS2, the equation is
still valid. Its accuracy is the highest when the number of
concatenated channels is limited to two, when the packet
loss of the complete transmission path is low, or the burst
ratio of the complete transmission path is not higher than
BurstR = 1.5.
Moreover, the results show that the simplified version of
the equation is almost as accurate as the regular equation,
therefore it can be used as an engineering tool. The simpli-
fied formula reveals that the burst ratio value of the com-
plete transmission path can be regarded as a harmonic mean
of the individual channels burst ratio values, weighted with
the their packet loss probabilities.
The results also demonstrate that the equation is valid and
therefore can be used in QoE measurements and network
performance assessment. Moreover, the formula has a wide
spectrum of potential application. As such, it would be
useful in improving the quality of VoIP applications.
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